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(57) An automated process for equalizing an audio 
system and an apparatus for implementing the process. 
An audio system includes a microphone unit, for receiv- 
ing the sound waves radiated from a plurality of speak- 
ers, acoustic measuring circuitry, for providing frequen- 
cy response measurement signals; a memory, for stor- 
ing characteristic data signals representative of the 
loudspeaker units and further for storing the frequency 
response measurement signals: and equalization calcu- 
lation circuitry, for providing an equalization pattern sig- 
nal responsive to the frequency response measurement 
signals and responsive to the characteristic data signals 
representative of the plurality of loudspeaker units. Also 
described is an automated equalizing system including 
acoustic measuring circuitry including a microphone for 
providing frequency signals representative of respons- 
es at a plurality of locations; a memory, for storing the 
signals representative of frequency responses at the 
plurality of locations; and equalization calculation cir- 
cuitry responsive to the signals representative of the fre- 
quency responses for providing an equalization pattern 
signal. 
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Description 

BACKGROUND OF THE INVENTION 

[0001] The invention relates to equalizing system for 
audio systems, and more particularly to automated 
equalising systems for audio systems. 
[0002] It is an important object of the invention to pro- 
vide an improved equalizing system for audio systems. 

BRIEF SUMMARY OF THE INVENTION 

9 

[0003] According to the invention, an audio system in- 
cludes a source of audio signals; signal processing cir- 
cuitry coupled to the source forprocessing the audio sig- 
nals to produce processed audio signals; a plurality of 
loudspeaker units, coupled to the signal processing cir- 
cuitry, constructed and arranged to be deployed about 
a room, for radiating sound waves responsive to the 
processed audio signals: a microphone unit for receiv- 
ing the sound waves and for transducing the sound 
waves to electrical signals: acoustic measuring circuitry, 
for receiving the transduced sound waves and furnish- 
ing frequency response signals; a memory, coupled to 
the acoustic measuring circuitry, for storing loudspeaker 
signals characteristic of the loudspeaker units and fur- 
ther for storing the frequency response signals: and 
equalization determining circuitry, coupled to the mem- 
ory, for providing an equalization pattern signal respon- 
sive to the stored loudspeaker and frequency response 
signals. 

[0004] In another aspect of the invention, an audio 
system, includes a source of audio signals; signal 
processing circuitry coupled to the source for process- 
ing the audio signals to produce processed audio sig- 
nals; a plurality of loudspeaker units, .coupled to the sig- 
nal processing circuitry, constructed and arranged to be 
deployed about a room, for radiating sound waves re- 
sponsive to the processed audio signals; acoustic 
measuring circuitry including a microphone, for receiv- 
ing the sound waves and measuring frequency re- 
sponse at a plurality of locations; a memory, coupled to 
the acoustic measuring circuitry, for storing frequency 
response signals representation of the frequency re- 
sponse at the plurality of locations; and equalization cir- 
cuitry, responsive to the stored frequency response sig- 
nal for furnishing equalization related to the acoustic 
properties of the room. 

[0005] In another aspect of the invention, an audio 
system includes a source of audio signals, signal 
processing circuitry coupled to the source for process- 
ing the audio signals to produce processed audio sig- 
nals, a plurality of loudspeaker units, coupled to the sig- 
nal processing circuitry, constructed and arranged to be 
deployed about a room, for radiating sound waves re- 
sponsive to the processed audio signals. An equalizing 
system for the audio system includes acoustic measur- 
ing circuitry, including a microphone, for receiving and 



transducing the sound waves and for providing frequen- 
cy response signals representative of the frequency re- 
sponse at a plurality of locations; a memory, coupled to 
the acoustic measuring circuitry, for storing the frequen- 
5 cy response signals: and equalization circuitry, respon- 
sive to the frequency response signals, for furnishing 
equalization related to the acoustic properties of the 
room. 

[0006] In another aspect of the invention, an audio 

io system, includes a storage medium for storing digitally 
encoded information signals; signal processing circuitry 
coupled to the storage medium to produce audio sig- 
nals; a plurality of loudspeaker units, coupled to the sig- 
nal processing circuitry, constructed and arranged to be 

is deployed about a room, for radiating sound waves re- 
sponsive to the audio signals; a microphone unit, for re- 
ceiving the sound waves and transducing the sound 
waves to electrical signals; and a microprocessor elec- 
tronically coupled to the storage medium and to the mi- 

20 crop hone, for developing an equalization pattern re- 
sponsive to the electrical signals. 
[0007] In another aspect of the invention, a process 
for generating an equalization pattern in an audio sys- 
tem having a first microphone and a loudspeaker unit. 

25 includes testing, by the audio system, the microphone 
to determine if the microphone is functional over a fre- 
quency range; and in the event the microphone is not 
functional over the frequency range, generating a mes- 
sage to a user. 

30 [0008] In another aspect of the invention, a process 
for generating an equalization pattern in an audio sys- 
tem operating in a listening area, the listening area hav- 
ing an ambient noise level, the process includes radiat- 
ing a sound at an amplitude into the listening area; 

35 measuring, by the audio system, the signal to noise ratio 
in the listening area; and in the event that the signal to 
noise ratio is below a threshold ratio, increasing the sig- 
nal to noise ratio. 

[0009] In another aspect of the invention, a process 

to for generating an equalization pattern in an audio sys- 
tem having a loudspeaker device and a microphone, in- 
cludes radiating, by the loudspeaker device a sound 
wave; receiving, by a microphone, the sound wave; 
measuring the amplitude of the received sound wave to 

^5 determine if the amplitude is within a predetermined 
range of amplitudes; and in the event that the amplitude 
is not within the predetermined range of amplitudes, 
changing the amplitude so that the amplitude is within 
the predetermined range. 

so [0010] In another aspect of the invention, a process 
for generating an equalization pattern for an audio sys- 
tem having a loudspeaker device and a microphone, the 
audio system operating in a listening space, includes a 
first positioning the microphone at a first location; a first 

55 radiating, by the loudspeaker device, of a sound wave; 
a first receiving, by the microphone, of the sound wave; 
responsive to the receiving, a first measuring of a first 
frequency response of the audio system; a second po- 
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sitioning the microphone at a second location; a second 
radiating, by the loudspeaker device, a sound wave; a 
second receiving, by the microphone the sound wave: 
responsive to the second receiving, a second measur- 
ing of a second frequency response of the audio system; 5 
comparing the first frequency response with the second 
frequency response to determine the difference be- 
tween the first frequency response and the second fre- 
quency response; and in the event that the difference is 
less than a predetermined amount, generating a mes- 
sage. 

[0011] In another aspect of the invention, a process 
for generating an equalization pattern for an audio sys- 
tem having a loudspeaker device, includes storing in a 
memory operating limits of the loudspeaker device; gen- 
erating an equalization pattern: comparing the equali- 
sation pattern with the operating characteristics to de- 
termine if execution of the equalization pattern could 
cause the limits to be exceeded; and in the event that 
the execution would cause the limits to be exceeded, 
modifying the equalization pattern. 
[0012] In another aspect of the invention, an automat- 
ed process for generating an equalization pattern for an 
audio system, includes an initiating step, executed by a 
user of the audio system; a responding to the initiating 
step, by the audio system, wherein the responding step 
is selected from a predetermined plurality of responses; 
and generating a message to the user by the audio sys- 
tem, the message directing the user to perform an ac- 
tion. 

[0013] In still another aspect of the invention, a proc- 
ess for generating an equalization pattern from an audio 
system, includes an indicating, by a user, that the user 
is at an intended listening location; selecting, by the au- 
dio system, of a next step, wherein the next step is se- 
lected from a plurality of possible next steps; and gen- 
erating by the audio system, a message to the user, the 
message including the next step to be taken by the user. 
[0014] Other features, objects, and advantages will 
become apparent from the following detailed descrip- 
tion, when read in connection with the accompanying 
drawing in which: 

BRIEF DESCRIPTION OF THE SEVERAL VIEWS OF 
THE DRAWING 

[0015] 

FIG. 1 is a block diagram of an audio system ac- 
cording to the invention; 

FIG. 2 is a diagram of a headphone for use with the 
invention; 

FIG. 3 is a diagram of a memory for use with the ' 
invention; 

FIG. 4 is a flow diagram of a process forcreating an 
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equalization pattern according to the invention; and 

FIG 5 is a block diagram of an alternate implemen- 
tation of the invention. 

DETAILED DESCRIPTION 

[0016] With reference now to the drawing and more 
particularly to FIG. 1 , there is shown a block diagram of 
an audio system according to the invention. Audio signal 
source 1 0 is coupled to audio signal processing circuitry 
1 2 which may contain crossover circuit 24. Audio signal 
processing circuitry 1 2 is in turn coupled to loudspeaker 
units 14-1 - 14-6. Each of said loudspeaker units 14-1 - 
14-6 includes one or more acoustic driver units, which 
transduce electrical signals (encoded in analog or digital 
form) into sound waves. Microphone device 16 is cou- 
pled to acoustic measuring circuitry 19, which is in turn 
coupled to equalization calculation circuitry 18 and to 
memory 20. Equalization calculation circuitry 18 may in- 
clude microprocessor 26, and may be coupled to audio 
signal processing circuitry 12 and to signal source 10. 
Equalization calculation circuitry may also be coupled 
to memory 20 and may be coupled to an optional remote 
device 22. 

[001 7] Audio signal source 1 0 may be any of a variety 
of analog audio signal sources such as a radio, or, pref- 
erably, a digitally encoded audio signal source such as 
a CD player, a DVD or audio DVD player, or other source 
of digitally encoded audio signals, such as a "web radio" 
transmission or audio signals stored in digital form on a 
storage medium such as a compact disk, in random ac- 
cess memory, a computer hard disk or others. Audio sig- 
nal processing circuitry 1 2 may include conventional au- 
dio signal processing elements (which can include both 
digital and analog components and digital to analog con- 
verters, amplifiers and others) to process the encoded 
audio signals which are then transduced into sound 
waves by loudspeaker units 14-1 - 14-6. Audio signal 
processing circuitry 12 may also include circuitry to de- 
code the audio signals into multiple channels and also 
may include circuit elements, such as low latency infinite 
impulse response filters (MRs) that can modify the fre- 
quency response of the audio system by implementing 
an equalization pattern developed by equalization cal- 
culation circuitry 1 8. Audio signal processing circuitry 1 2 
may further include a crossover circuit 24 so that one of 
the loudspeaker units may be a subwoofer loudspeaker 
unit, while the other loudspeaker unit may be high fre- 
quency loudspeaker units. Alternatively, loudspeaker 
units 14-1 - 14-6 may be full range loudspeaker units 
without crossover circuitry, or may include both low and 
high frequency acoustic drivers in which case the cross- 
over circuitry may be in the loudspeaker units 14-1 - 
1 4-6. In still another alternative, audio signal processing 
circuitry 12 and loudspeaker units 14-1 - 14-6 may both 
include crossover circuitry that has more than one 
crossover frequency. For simplicity of explanation, the 
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invention is described with a subwoofer loudspeaker 
unit, a plurality of high frequency loudspeaker units, with 
crossover circuit 24 in audio signal processing circuitry 
12 having a single crossover frequency. Loudspeaker 
units 14-1-1 4-6 may include one or more acoustic driv- 5 
ers and may also include other acoustic elements such 
as ports, waveguides., acoustic masses ! passive radia- 
tors, acoustic resistances and other acoustic elements. 
Microphone device 16 may be a conventional micro- 
phone adapted to be mounted to a headband or other 10 
body mount device as will bo described below. Acoustic 
measuring circuitry may contain elements for receiving 
input from microphone 16 and measuring from the mi- 
crophone input a frequency response. Equalization cal- 
culation circuitry 18 may include a microprocessor and '5 
other digital signal processing elements to receive dig- 
itized signals from microphone device 16 and develop 
a frequency response, compare the frequency response 
with a desired frequency response and other informa- 
tion as will be described later and develop an equaliza- 20 
tion pattern that, combined with the frequency response 
detected by microphone device 1 6 causes loudspeaker 
units 14-1 - 14-6 to radiate a desired frequency re- 
sponse. The equalization pattern may be calculated by 
a software program running on a microprocessor 26. 25 
The software program may be stored in memory 20, 
may be loaded from a compact disk playing on digital 
audio signal source 20 implemented as a CD player, or 
may be transmitted from a remote device 22, which may 
be an internet link, a computer, a remote digital storage 30 
device, another audio device. Alternatively, the optional 
remote device 22 may be a computer running a software 
program and transmitting information to equalization 
calculation circuitry 1 8. Memory 20 may be conventional 
random access memory. The audio system of FIG. 1 35 
may be a component of a home theatre system that in- 
cludes a video device, such as a television or a projector 
and screen. 

[0018] In one operational method, a test audio signal 
may be played on audio signal source 1 0; alternatively, *o 
the source of the signal may be based on information 
stored in memory 20. Audio signal processing circuit 1 2 
and loudspeaker units 14-1 - 14-6 transduce the test au- 
dio signal to sound waves which are radiated into the 
room about which loudspeaker units 14-1 - 14-6 are ^ 
placed, characterized by a frequency response resulting 
from the interaction of the room with the loudspeaker 
units. Sound waves are received by microphone device 
16 and transduced into electrical signals coupled to 
acoustic measuring circuitry 19. Acoustic measuring cir- so 
cuitry 19 measures the frequency response, and stores 
signals representative of the frequency response in 
memory 20. Equalization calculation circuitry 1 8 furnish- 
es an equalization pattern signal appropriate to achieve 
a desired frequency response, and stores the equaliza- 55 
tion pattern signals in memory 20. Thereafter, when the 
audio signal processing circuitry 12 receives an audio 
signal from audio signal source 10, the equalization pat- 
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tern signal is transmitted to audio signal processing cir- 
cuitry 12, which furnishes in accordance with the equal- 
ization pattern, the audio signals transmitted to loud- 
speaker units 14-1 - 14-6 for transduction to sound 
waves. In some embodiments audio signal processing 
circuitry 12 may contain some elemenls : such as digital 
signal processing chips, in common with equalisation 
calculation circuitry 18 and acoustic measuring circuitry 
19. In another embodiment, portions of audio signal 
processing circuitry 1 2, acoustic measuring circuitry 12, 
acoustic measuring circuitry 19 and equalization calcu- 
lation circuitry 18 may be in a so-called "head unit" (that 
is, the device that contains signal sources, such as a 
tuner, or CD player, or connections to external signal 
sources, or both), and on which the controls, such as 
source selection and volume are located, and other por- 
tions may be on one of the loudspeaker units 14-1-1 4-6 
such as a subwoofer unit, or distributed among the loud- 
speaker units 14-1 - 14-6. This implementation facili- 
tates a head unit that can be used with a variety of loud- 
speaker systems, while the portions of the audio signal 
processing circuitry 12 and equalization calculation cir- 
cuitry 1 8 that are specific to the loudspeaker system are 
in one of the loudspeaker units. 
[0019] Additionally, the audio system of FIG. 1 may 
be expanded to accommodate a second set of loud- 
speaker units (not shown) similar to loudspeaker units 
14-1 - 14-6, placed in another listening space, such as 
another room. The operation described in the above 
paragraph can then be performed in the second listen- 
ing space. 

[0020] Other operational methods, in addition to the 
operational methods described above, may be em- 
ployed. In one operational method, the test signals are 
not radiated from all the loudspeaker units at the same 
time, but rather are radiated from one loudspeaker unit 
at time, or from a selected set of loudspeaker units to 
enable the separate equalization of each loudspeaker 
unit or of selected sets of loudspeaker units. 
[0021] In another alternate operational method, the 
equalization pattern is stored in the form of data describ- 
ing digital filters which, when applied to the audio signal, 
result in the desired frequency response. The data may 
be in the form of filter singularities or filter coefficients. 
[0022] Referring now to FIG. 2 ; there is shown a 
mounting arrangement for microphone 16. Headband 
28 fits on a user's head and may be adapted to hold an 
earpiece 30 near the ear 31 of a user A microphone 1 6 
may be mounted on earpiece 30. A similar microphone 
may be mounted on a second earpiece (not shown) po- 
sitioned near another earpiece of the user. Microphone 
1 6 may be connected to terminal 34 by electrically con- 
ductive cord 32. Terminal 34 plugs into a jack 36 which 
may be a bi-directional jack. Bi-directional jack 36 is in 
turn coupled to equalization calculation circuitry 18 and 
to acoustic measuring circuitry 19, not shown in this 
view. In other implementations, a conventional headset 
may be included in earpiece 30 so that in addition to 
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transmitting signals from the microphone acoustic 
measuring circuitry 19, the terminal 34 and electrically 
conductive cord 32 may transmit audio signals from au- 
dio signal processing circuitry 12 to earphones 30 in nor- 
mal fashion. In other implementations, the microphone 
assembly may be implemented as one or more micro- 
phones mounted on some other portion of a headband, 
or on the user's body or on a stand. The jack may be 
adapted to fit into an auxiliary or special purpose jack 
and may be a one-way input jack. 
[0023] Referring to FIG. 3 ; there is shown a diagram- 
matic representation of memory 20. Stored in a first por- 
tion 20-1 of memory 20 may be data signals represent- 
ing characteristics of loudspeaker units 14-1 - 14-6. 
Such data signals may include nominal sensitivity of the 
loudspeaker units in their main operational band, the 
bandwidth of the loudspeaker units, and excursion limits 
of the loudspeaker units and other information. Stored 
in a second portion 20-2 of memory 20 may be data sig- 
nals representing characteristics of crossover circuit 24. 
Such data signals may include cutoff frequency and 
nominal fall off requirements. Stored in other portions 
20-6 thorough 20-n of memory may be data signals from 
different listening positions, the reasons for which will 
be explained below. Stored in other portions 20-3, 20-4, 
and 20-5 of memory 20 may be equalization pattern sig- 
nals 1 , equalization pattern signals 2, and equalization 
pattern signals 3, respectively. Equalization pattern sig- 
nals 1 , equalization pattern signals 2, and equalization 
pattern signals 3 may represent different equalization 
patterns. The several equalization patterns may be 
equalization patterns that are calculated using a differ- 
ent desired target frequency response. The several 
equalization patterns may also represent different 
"modes," for example a "party mode" in which the equal- 
ization pattern in configured to provide a pleasing fre- 
quency response throughout the listening area, or a 
"sweet spot" mode, in which the equalization pattern is 
optimized for a specific listening position. As stated 
above in the discussion of FIG. 2, the equalization pat- 
tern signals are stored in the form of data signals de- 
scribing digital filters which, when applied to the audio 
signal, result in the desired frequency response. The da- 
ta signals may be in the form of filter singularities or filter 
coefficients 

[0024] The data signals representing loudspeaker 
units in first portion 20-1 of memory is accessible to 
equalization calculation circuitry 18. An example of 
when such data signals may be useful to the equaliza- 
tion calculation circuitry 18 is when a calculated equal- 
ization pattern could compromise the performance of an 
acoustic drive unit by damaging the unit, or by causing 
distortion orclipping. Rather than compromising the per- 
formance of the acoustic drive unit the equalization pat- 
tern may be modified so that the frequency response is 
improved over the unequalized frequency response, but 
without overdriving the acoustic drive unit. Additionally, 
the loudspeaker unit data may be useful in assessing 



the integrity of the measurements. If a portion of the fre- 
quency response is below a threshold, the loudspeaker 
unit may not be operating properly. The data represent- 
ing crossover characteristics in second portion 20-2 of 
5 memory is also accessible to equalization calculation 
circuitry 18. An example of the use of the data signals 
representing the characteristics of the crossover circuit 
may be when an equalization correction is necessary in 
the crossover band. The equalization pattern in a given 

io frequency region that includes the crossover frequency 
region may be calculated such that the equalization cor- 
rection is in the acoustic driver driven by the low pass 
section or the acoustic driver driven by the high pass 
section of the crossover band, or some combination of 

'5 both, depending on the limitations of the drivers. Equal- 
ization pattern signals 1 , 2, and 3 may be stored for later 
retrieval, for example., when the user desires to equalize 
to a different target frequency response or wishes to use 
a different mode as described above. 

20 [0025] Referring to FIG. 4, there is shown a block di- 
agram of a process forcreating one ormore equalization 
patterns according to the invention in an audio system 
in which the audio signal source 10 is adapted to trans- 
duce signals stored on a CD, DVD, audio DVD, orsome 

25 other form of nonvolatile memory. At step 42 the process 
is initialed. The initiation step may include initiating a 
software program stored in some nonvolatile memory, 
which can be the same CD, DVD, audio DVD or nonvol- 
atile memory included in signal source 1 0. In one imple- 

30 mentation, the process is initiated by the user inserting 
a disk into audio signal source 10. The disk has stored 
on it a software program which includes verbal instruc- 
tions, video instructions, orsome combination of audio 
and video instructions, to the user. Following the inser- 

-35 Hon of the disk into the audio signal source 1 0, the soft- 
ware program is executed by the microprocessor 26 or 
by the remote device 22. At step 43, the software pro- 
gram reconfigures the audio system, including control- 
ling audio parameters, such as volume, and disabling 
tone controls, and any time varying, nonlinear, or signal 
dependent signal processing. At step 44, the software 
program causes instructions to be communicated to the 
user. The instructions may be communicated to the user 
audibly (for example by broadcasting verbal instructions 

45 by at least one of the loudspeaker units 14-1 — 14-6 or 
through headphones), visually (for example by display- 
ing words, or static or animated graphic figures on an 
attached video monitor, not shown), or by both verbal 
and visual means, which may be synchronized. The in- 

50 structions may include a summary of the steps the user 
will be instructed to perform, as well as instructions to 
plug the terminal 34 into the bi-directional jack 36 or to 
some other input jack and to place the headband 28 on 
which microphones 16a and 16b are mounted, in place. 

55 The instructions may also include directions for the user 
to indicate when the user is ready to proceed, such as 
by pressing a button on the headband 28 or on a remote 
control unit, not shown. At step 46, the equalization cir- 
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cuitry performs initial acoustic tests, for example by de- 
termining if there is excessive ambient noise, and radi- 
ating a test signal and analyzing the result to ensure that 
both microphones are functional over the frequency 
band of interest and that the microphones are matched 
in sensitivity within a tolerance. 

[0026] If the ambient noise is excessive, the user may 
be instructed to reduce the ambient noise. If the micro- 
phones are inoperative or not matched within a toler- 
ance, the process may be terminated. At step 47, the 
user may then be instructed to move to a first desired 
listening location, and issue a prompt that the user is 
ready to proceed. At step 48, the transfer function (that 
is, the frequency response) at a first listening position 
are measured by acoustic measuring circuitry 19, and 
the measurements may be checked for validity, such as 
being within an appropriate range of amplitude, that the 
ambient noise is below a predetermined limit, and that 
the readings are within a range of coherency, stability 
over time, and repeatability (indicating that microphone 
does not move too much during the measurement). One 
test that can be used to test for these conditions is a 
linearity test. A signal is radiated and the response 
measured. The signal is then radiated again, scaled 
down by some amount, such as -3dB and the response 
measured and scaled up by + 3dB. The scaled up re- 
sponse to the second signal is then compared with the 
response to the first signal. A significant difference may 
indicate that the amplitude is not within an acceptable 
range, that the ambient noise is above an acceptable 
limit, or that the readings are not coherent, stable over 
time, or repeatable. If there is a significant difference be- 
tween the scaled up response to the first signal and the 
response to the first signal, at step 49, verbal or visual 
instructions, or both, may be broadcast to the user to 
instruct the userto move to a location at which the sound 
is within the range of amplitude or to decrease the am- 
bient noise level, by eliminating sources of ambient 
noise, or to hold the microphone more still while the 
measurements arc being taken. However, if the signal 
to noise ratio is too low, the system may increase the 
volume so that the volume is within a range of volumes, 
so that the signal to noise ratio is adequate, while min- 
imizing the possibility of annoying the user or causing 
distortion or clipping of the radiated signal. While it is 
possible to measure a frequency response for the com- 
bined output of the speakers, it is generally more desir- 
able to measure the frequency response (and thereafter 
calculate an equalization pattern) for each loudspeaker 
unit, rather than for the combined loudspeaker units. 
[0027] While an equalization pattern may be calculat- 
ed based on data from a single location, acquiring data 
from more than one location generally gives a better re- 
sult. At step 52, the measurements and tests of step 48 
may then be repeated for the second location, prefera- 
bly for each loudspeaker unit. At the second location an 
additional test may also be performed, to determine 
whether the second location is too close to a previous 



location. One method of determining if a location is too 
close to a previous location is to compare the frequency 
response at the second location with the frequency re- 
sponses at the previous location . If the any of the tests, 
s including the "closeness" test, indicate an Invalid meas- 
urement, at step 53, the user may be instructed to move 
or make a correction as in step 49. Steps 50, 52, and (if 
necessary) step 53 may then be repeated for more lo- 
cations. If desired, a fixed number (such as five) of lo- 
10 cations or a minimum number (such as four) of locations 
or a maximum number (for example eight) of locations 
may bo specified. If measurements have not been taken 
at the minimum number of locations, the user may be 
instructed to move to another location. If measurements 
15 have been taken at the maximum number of locations 
(or if measurements have been taken at the minimum 
number and the user indicates that measurements have 
been taken at all desired locations), the process pro- 
ceeds to step 54. At step 54, the data signals for ail the 
20 positions may be combined by the acoustic measuring 
circuitry 1 9 (by some method such as energy averaging) 
and an equalization pattern developed from the data sig- 
nals. At step 55, an equalization pattern is calculated. 
At step 56, the equalization pattern may be compared 
25 with the loudspeaker unit characteristics stored in mem- 
ory 20 to ascertain that no limits (such as dB of correc- 
tion) are exceeded, and the equalization pattern may be 
modified so that the limits are not exceeded. At step 58, 
the filters appropriate to achieve the equalization pattern 
30 are calculated and representative signals stored for use 
by audio signal processing circuitry 12. As stated previ- 
ously, the filters may be stored in terms of filter coeffi- 
cients or filter singularities. 

[0028] A software program suitable for implementing 
35 the steps of FIG 4 is included as supplementary disk A, 
which contains computer instructions which can be ex- 
ecuted by a processor such as an ADSP-21065 proces- 
sor, available commercially from Analog Devices Inc. 
[0029] A process for creating an equalization pattern 
40 according to the invention is advantageous, because a 
nonexpert, untrained user can perform acoustic meas- 
urements and create equalization patterns without the 
use of expensive measuring and calculating equipment. 
Additionally, the user can easily use the apparatus and 
45 method to determine Ihe equalization patterns for 
changes, such as moving the speakers, remodeling, re- 
placing components and the like. 
[0030] Referring now to FIG. 5, there is shown anoth- 
er embodiment of the invention, particularly suitable for 
50 audio systems for business installations such as restau- 
rants, retail stores and the like. Several of the elements 
are simitar to like-numbered element of FIG. 1 . An audio 
system 60 includes an audio signal source 10. Audio 
signal source 10 is coupled to audio signal processing 
55 circuitry 12 which may contain crossover circuit 24. Au- 
dio signal processing circuitry 12 is in turn coupled to 
loudspeaker units 14-1 - 1 4-n. Each of said loudspeaker 
units 14-1 - 14-n includes one or more acoustic driver 
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units, which transduce electrical or digital signals into 
sound waves. A portable computer device 62 includes 
a microphone device 16 coupled to acoustic measure- 
ment circuitry 19. Acoustic measurement circuitry 19 
may be coupled to equalization calculation circuitry 1 8, 5 
which may be coupled to microprocessor 26. Microproc- 
essor 26 is in turn coupled to memory 20. Audio system 
60 and portable computer device 62 are adapted so that 
equalization patterns determined by equalization calcu- 
lation circuitry 18 can be downloaded to audio signal 10 
processing circuitry 12 as indicated by broken line 64. 
[0031] Microphone device 1 6 may be a conventional 
microphone adapted to be attached to, or mounted on, 
a portable computer device. Acoustic measuring circuit- 
ry may include devices for measuring a frequency re- 1$ 
sponse. Equalization calculation circuitry 18 may in- 
clude a microprocessor and processing elements to 
compare the measured frequency response with a de- 
sired frequency response and other information as will 
be described later, and develop an equalization pattern 20 
that, combined with the frequency response detected by 
microphone device 16 causes loudspeaker units 14-1 - 
14-6 to radiate a desired frequency response. In one 
embodiment, equalization calculation circuitry 18 is im- 
plemented as a software program which run on micro- 25 
processor 26. The software program may be stored in 
memory 20, which may be conventional random access 
memory, or some other form of computer memory such 
as flash memory or ROM. 

[0032] In operation, a test audio signal may be played 30 
on audio signal source 10. In one implementation, the 
test tone is recorded on a CD that has a continuous au- 
dio track with a 50% duty cycle of silence interspersed 
with bursts of test tones. In other implementations, the 
lest lone may be stored in memory 20 or in some other 35 
component of portable computer device 62. Audio sig- 
nal processing circuit 12 and loudspeaker units 14-1 - 
14-6 transduce the test audio signal to sound waves 
which are radiated into the room about which loud- 
speaker units 14-1 - 14-6 arc placed, characterized by *o 
a frequency response resulting from the interaction of 
the room with the loudspeaker units. Microphone 16 is 
moved to an appropriate position in the room and trig- 
gered. Microphone device 16 transduces the next burst 
of the test tone, and acoustic measurement circuitry 1 9 45 
determines frequency response for that position. Micro- 
phone device 16 is then moved to a second position, 
and the transduction and frequency response determi- 
nation is repeated. After an appropriate number of 
measurements, a software program loaded into, or re- so 
siding on, portable computer device 62, determines an 
average room response from the position responses, 
and determines an equalization pattern appropriate to 
achieve a desired frequency response, and stores the 
equalization pattern signals in memory 20. Thereafter, 55 
the equalization pattern signals are downloaded from 
portable computer device 62 to audio signal processing 
circuitry 12, which furnishes in accordance with the 



427 A2 12 

equalization pattern the audio signals transmitted to 
loudspeaker units 14-1 - 14-6 for transduction to sound 
waves. 

[0033] In another implementation, rather than trigger- 
ing the portable computer device 16 at each location, 
the portable computer device is moved about the room, 
and a frequency response is determined for each tone 
burst. The frequency responses corresponding to each 
tone burst are continuously averaged to determine the 
room frequency response. 

[0034] In still another implementation, computer de- 
vice 62 has stored on it a plurality of different selectable 
equalization targets corresponding to different listening 
conditions. Different listening conditions might include 
foreground music vs. background music; different types 
of music; noisy vs. quiet environments: different ambi- 
ances. The equalization pattern determined by equali- 
zation circuitry 18 will then be the difference between 
the room frequency response and the selected equali- 
zation target. 

[0035] An audio system according to the embodiment 
of FIG. 5 is particularly advantageous for situations in 
which an audio system is designed and installed by a 
professional audio system designer for use in a com- 
mercial establishment, such as a restaurant, lounge, re- 
tail store, mall, and the like. For these situations, the au- 
dio system does not require a microphone or any equal- 
ization calculation circuitry. The equalization calculation 
circuitry and the microphone device may be included in 
a portable computer device 62 which can be used for a 
number of different installations. 
[0036] It is evident that those skilled in the art may 
make numerous modifications of and departures from 
the specific apparatus and techniques disclosed herein 
without departing from the inventive concepts. Conse- 
quently, the invention is to be construed as embracing 
each and every novel feature and novel combination of 
features present in or possessed by the apparatus and 
techniques disclosed herein and limited solely by the 
spirit and scope of tho appended claims. 



Claims 

1. An equalising system for developing equalization 
patterns for an audio system comprising a source 
of audio signals, signal processing circuitry coupled 
to said source for processing said audio signals to 
produce processed audio signals, a plurality of 
loudspeaker units, coupled to said signal process- 
ing circuitry, constructed and arranged to be de- 
ployed about a room, for radiating sound waves re- 
sponsive to said processed audio signals, said 
equalising system comprising: 

acoustic measuring circuitry, including a micro- 
phone unit, for receiving and transducing said 
sound waves and for providing signals repre- 
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sentative of frequency responses at a plurality 
of locations; 

a memory, coupled to said acoustic measuring 
circuitry, for storing said signals representative 
of frequency responses at said plurality of loca- 
tions; and 

equalisation calculation circuitry, responsive to 
said signals representative of frequency re- 
sponses at a plurality of locations, for providing 
an equalisation pattern signal. 

2. An equalizing system in accordance with claim 1 , 
wherein said equalization calculation circuitry re- 
sponsive lo said signals representative of frequen- 
cy response at said plurality of locations, for provid- 
ing an equalization pattern signal. 

3. An equalizing system in accordance with claim 1 or 
claim 2. wherein said signal processing circuitry and 
said equalization calculation circuitry share circuit 
elements. 

4. An equalizing system in accordance with any of 
claims 1 to 3 ? wherein the coupling path between 
said microphone unit and said acoustic measuring 
circuitry comprises electrically conductive wire free 
of wireless portions. 

5. An equalizing system in accordance with any of 
claims 1 to 4, wherein the coupling path between 
said microphone unit and said equalization calcula- 
tion circuitry comprises a bi-directional jack. 

6. An equalizing system in accordance with any of 
claims 1 to 5, further comprising crossover circuitry 
coupling said signal processing circuitry and said 
plurality of loudspeaker units, 

wherein said memory is further for storing 
characteristic data signals representative of said 
crossover circuitry, and wherein said equalization 
calculation circuitry is further for furnishing an 
equalization pattern signal responsive to said char- 
acteristic data signals representative of said cross- 
over circuitry. 

7. An equalizing system in accordance with any of 
claims 1 to 6. wherein said microphone unit is con- 
structed and arranged to be mounted on a device 
that is mountable on a user's body. 

8. An equalizing system in accordance with claim 7, 
wherein said body mountable device is a headband. 

9. An equalizing system in accordance with any of 
claims 1 to 8 : wherein said microphone unit com- 
prises a plurality of microphones. 

10. An equalizing system in accordance with any of 
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claims 1 to 9 : wherein said equalization calculation 
circuitry is constructed and arranged to determine 
an equalization pattern that is substantially contin- 
uous with regard to frequency. 

5 

11. An equalizing system in accordance with any of 
claims 1 to 1 0, wherein said equalization calculation 
circuitry comprises a microprocessor running a soft- 
ware program. 

10 

12. An equalizing system in accordance with any of 
claims 1 to 1 1 , wherein said equalization calculation 
circuitry comprises a link to a remote memory for 
storing said software program. 

15 

13. An equalizing system in accordance with any of 
claims 1 to 12 ; wherein said microprocessor is 
physically remote from said equalization calculation 
circuitry. 

20 

14. An equalizing system in accordance with any of 
claims 1 to 1 3, wherein said software program com- 
prises code for causing audible instructions for said 
user to be radiated by at least one of said plurality 

25 of loudspeaker units. 

15. An equalizing system in accordance with any of 
claims 1 to 14, said audio system further comprising 
a video device, wherein said software system com- 

30 prises code for causing visual instructions for said 
user to be displayed by said video device. 

16. An equalizing system in accordance with any of 
claims 1 to 15, 

35 wherein said microphone unit is adapted to be 

moved about said room to a plurality of positions, 
to transduce said sound waves received at each of 
said plurality of positions to produce a correspond- 
ing plurality of sets of frequency response measure- 
40 mcnt signals; 

wherein said memory is further forstoring said 
plurality of sets of frequency response measure- 
ment signals; 

and wherein said equalization calculation cir- 
45 cuitry is further for providing an equalization pattern 
signal responsive to said plurality of sets of frequen- 
cy response measurement signals. 

17. An equalizing system in accordance with claim 1 6, 
so wherein said equalization pattern signal is repre- 
sentative of the energy average of said frequency 
response measurements. 

18. An equalizing system in accordance with any of 
55 claims 1 to 17, wherein said audio processing cir- 
cuitry comprises low latency filters. 

19. An equalizing system in accordance with any of 
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claims 1 to 18, wherein at least one of said plurality 
of loudspeaker units comprises a plurality of acous- 
tic driver units, and wherein said memory is further 
for storing characteristic data signals representa- 
tive of said acoustic driver units. 

20. An equalizing system in accordance with any of 
claims 1 to 1 9. wherein said equalization calculating 
circuitry is constructed and arranged to control an 
operating parameter of said audio system. 

21. An equalizing system in accordance with claim 20. 
wherein said operating parameters include at least 
one of volume setting and tone setting. 

22. An equalizing system in accordance with claim 20, 
wherein said equalizing calculating circuitry is con- 
structed and arranged so that said equalizing cal- 
culating circuitry has exclusive control over said op- 
erating parameter and so that user accessible con- 
trols of said operating parameters are disabled. 

23. An equalizing system in accordance with any of 
claims 1 to 22, wherein said audio system is con- 
structed and arranged to broadcast verbal instruc- 
tions for operating said audio system to a user. 

24. An equalizing system in accordance with any of 
claims 1 to 23 s wherein said equalization calculation 
circuitry is constructed and arranged to provide said 
signals representative of frequency responses at 
said plurality of locations for each of said loud- 
speaker units singly. 

25. An equalizing system, in accordance with any of 
claims 1 to 24, 

wherein said memory is further for storing 
characteristic data signals representative of said 
loudspeaker units; and 

whore said equalization calculation circuitry is 
further for providing said equalization pattern signal 
responsive to said characteristic data signals rep- 
resentative of said plurality of loudspeaker units. 

26. An equalizing system in accordance with any of 
claims 1 to 25, 

wherein said equalization pattern signal is 
representative of the energy average of said fre- 
quency responses at said plurality of locations. 

27. An audio system, comprising: 

a source of audio signals; 
signal processing circuitry coupled to said 
source for processing said audio signals to pro- 
duce processed audio signals: 
a plurality of loudspeaker units, coupled to said 
signal processing circuitry, constructed and ar- 



ranged to be deployed about a room, for radi- 
ating sound waves responsive to said proc- 
essed audio signals; 

a microphone unit, for receiving said sound 
5 waves and for transducing said sound waves 

to electrical signals; 

acoustic measuring circuitry, for receiving said 
electrical signals and providing frequency re- 
sponse signals; 
^0 and an equalisation system according any of 

claims 1 to 26. 

28. An audio system, comprising: 

'5 a storage medium for storing digitally encoded 

information signals; 

signal processing circuitry coupled to said stor- 
age medium to produce audio signals; 
a plurality of loudspeaker units, coupled to said 
20 signal processing circuitry, constructed and ar- 

ranged to be deployed about a room : for radi- 
ating sound waves responsive to said audio 
signals; 

a microphone unit, for receiving said sound 
25 waves and transducing said sound waves to 

electrical signals; and 

a microprocessor electronically coupled to said 
storage medium and to said microphone, for 
providing an equalization pattern signal re- 
30 sponsiveto said electrical signals; wherein said 

digitally encoded information signals includes 
digitally encoded signals representing instruc- 
tions to a user. 

35 29. An audio system in accordance with claim 28, 
wherein said storage medium is a compact disk. 

30. An audio system in accordance with claim 28 or 
claim 29, wherein said digitally encoded information 

to signals further includes an encoded computer pro- 
gram for generating an equalization pattern signals. 

31. An audio system in accordance with claim 30, 
wherein said computer program controls parame- 

45 ters of said audio system. 

32. An audio system in accordance with claim 28, 
wherein said digitally encoded information signals 
represent audio signals representing audible in- 

so structions for said user. 

33. An audio system in accordance with any of claims 
28 to 31 . said audio system further comprising a vid- 
eo display device, wherein said digitally encoded in- 

55 formation signals represent video signals repre- 
senting instructions for said user, said instructions 
displayable on said video display device. 
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34. A process for generating an equalization pattern for 
an audio system having a loudspeaker device and 
a microphone, said audio system operating in a lis- 
tening space, said process comprising: 

a first positioning said microphone at a first lo- 
cation; 

a first radiating, by said loudspeaker device, of 
a sound wave; 

a first receiving, by said microphone, of said 
sound wave: 

responsive to said receiving, a first measuring 
of a first frequency response of said audio sys- 
tem; 

a second positioning said microphone at a sec- 
ond location; 

a second radiating, by said loudspeaker device, 
a sound wave; 

a second receiving, by said microphone said 
sound wave; 

responsive to said second receiving, a second 
measuring of a second frequency response of 
said audio system; 

comparing said first frequency response with 
said second frequency response to determine 
the difference between said first frequency re- 
sponse and said second frequency response; 
and 

in the event that said difference is less than a 
predetermined amount, generating a message. 

35. A process for generating an equalization pattern 
signal in an audio system having a first microphone 
and a loudspeaker unit, comprising: 

testing, by said audio system : said microphone 
to determine if said microphone is functional 
over a frequency range; and in the event said 
microphone is not functional over said frequen- 
cy range, generating a message to a user. 

36. A process for generating an equalization pattern in 
an audio system in accordance with claim 34 or 35, 
wherein said message is radiated as sound waves 
from said loudspeaker unit. 

37. A process for generating an equalization pattern in 
an audio system in accordance with claim 34, 
wherein said audio system comprises a second mi- 
crophone, further comprising: 

testing whether said second microphone and 
said first microphone are matched within a pre- 
determined tolerance; and 
in the event that said first microphone and said 
second microphone are not matched within 
said predetermined tolerance, generating a 
message to said user that said first microphone 



and said second microphone are not matched. 

38. A process for generating an equalization pattern in 
an audio system operating in a listening area, said 

s listening area having an ambient noise level, said 
process comprising: 

radiating a sound at an amplitude into said lis- 
tening area; 

10 measuring, by said audio system, the signal to 

noise ratio in said listening area; and 
in the event that said signal to noise ratio is be- 
low a predetermined threshold ratio, increasing 
said signal to noise ratio. 

15 

39. A process for generating an equalization pattern in 
an audio system in accordance with claim 38, 
wherein said increasing signal to noise ratio in- 
cludes the step of instructing a user to decrease 

20 said ambient noise. 

40. A process for generating an equalization pattern in 
an audio system in accordance with claim 38, 
wherein said increasing signal to noise ratio in- 

25 eludes the step of increasing said amplitude of said 
radiated sound. 

41. A process for generating an equalization pattern in 
an audio system in accordance with claim 38, the 

30 system being further provided with a microphone, 
and the process further comprising: 

receiving, by the microphone, said sound wave; 
measuring the amplitude of said received 
35 sound wave to determine if said amplitude is 

within a predetermined range of amplitudes; 
and 

in the event that said amplitude is not within 
said predetermined range of amplitudes, 
40 changing said amplitude so that said amplitude 

is within said predetermined range. 

42. A process for generating an equalization pattern in 
an audio system in accordance with claim 41 , 

45 wherein said amplitude is increasable by an equal- 
ization calculation circuit and is not increasable by 
a user. 

43. A process for generating an equalization pattern in 
so an audio system in accordance with any of claims 

34 to 36, wherein said message directs a user to 
move to a different location. 

44. A process for generating an equalization pattern for 
55 an audio system having a loudspeaker device, com- 
prising: 

storing in a memory operating limits of said 
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loudspeaker device; generating an equaliza- 
tion pattern signal; 

comparing said equalization pattern signal with 
said operating limits to determine if execution 
of said equalization pattern signal could cause 
said operating limits to be exceeded; and 
in the event that said execution would cause 
said limits to be exceeded, modifying said 
equalization pattern signal. 

45. An automated process for generating an equaliza- 
tion pattern signal foran audio system, comprising: 

an initiating step, executed by a user of said au- 
dio system; * 5 
a responding to said initiating step, by said au- 
dio system, wherein said responding step is se- 
lected from a predetermined plurality of re- 
sponses: and 

generating a message to said user by said au- 20 
dio system, said message directing said user 
to perform an action. 

46. An automated process for generating an equaliza- 
tion pattern signal for an audio system in accord- 25 
ance with claim 45, wherein said generating in- 
cludes radiating through said loudspeaker units, a 
message to said user. 

47. An automated process for generating an equaliza- 30 
tion pattern signal for an audio system in accord- 
ance with claim 45 or claim 46, wherein said initiat- 
ing step comprises placing a compact disk in a com- 
pact disk player. 
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48. A process for generating an equalization pattern for 
an audio system in accordance with claim 45, 
wherein said initiating step causes said audio sys- 
tem to be reconfigured. 

49. A process for generating an equalization pattern 
form an audio system, comprising: 



an indicating, by a user, that the user is at an 
intended listening location; selecting, by said 45 
audio system, of a next step, wherein said next 
step is selected from a plurality of possible next 
steps: and 

generating by said audio system, a message to 
said user, said message including the next step so 
to be taken by the user. 



55 



11 



BNSDOCID: <EP 1349427A2 I > 



EP 1 349 427 A2 



10 



AUDIO 
SIGNAL 
SOURCE 



12 



AUDIO 
SIGNAL 
PROCESSING 
CIRCUITRY 



24 



7C 



-14-1 



-Hj—14-2 
-Qj- 14-3 
-Oj— 14-4 

-nj— 14-5 

-0J-14-6 



18 



16 



EQ 

CALCULATION 
CIRCUITRY 



26 



MICRO- 
PROCESSOR 




ACOUSTIC 
MEASURING 
CIRCUITRY 



-19 



FIG. 1 



BNSDOCIO <EP 1 349427 A2 I > 



12 



EP 1 349 427 A2 




FIG. 2 



BNSDOCID- <EP 1349427A2 I > 



13 



EP 1 349 427 A2 



20 



20-1 



LOUDSPEAKER 
UNIT 

CHARACTERISTICS 



20-2 



CROSSOVER 
CHARACTERISTICS 



20-3 



20-4 



EQ1 



EQ2 



20-6 



POSITION 1 



20-7 

\ 



POSITION 2 



20-8 



POSITION 3 



20-9 



POSITION 4 



20-5 



EQ3 



20-n 



POSITION N 



FIG. 3 



14 



t 



EP 1 349 427 A2 



42 



INSERT DISK 



43 

VJ 



RECONFIGURE AUDIO 
SYSTEM 



44 



BROADCAST 
INSTRUCTIONS 



46 



PERFORM INITIAL 
ACOUSTIC TESTS 



REPEAT 
FOR EACH 
LOUDSPEAKER 
UNIT 



47 



MOVE TO FIRST POSITION. 
PROMPT 



48 , 

\ MEASURE TRANSFR FCN, 
VALIDATE 



INVALID 



REPEAT 
FOR EACH 
LOUDSPEAKER 
UNIT 



50 



MOVE TO NEXT POSITION, 
PROMPT 



52 



DECREASE AMBIENT 

NOISE, MOVE TO 
DIFFERENT POSITION. 
HOLD MICROPHONE 
STILL. INCREASE VOLUME 



INVALID 



MEASURE TRANSFR FCN, 
VALIDATE 



54 



COMBINE DATA 



56 

Vf 



DECREASE AMBIENT 

NOISE. MOVE TO 
DIFFERENT POSITION, 
HOLD MICROPHONE 
STILL, INCREASE VOLUME 



EXCEEDS 
CONSTRAINTS 



COMPARE EQ AGAINST 
CONSTRAINTS 



58 



59 



ADJUST 



CALCULATE FILTERS 



STORE EQ, RESTORE 
SYSTEM 



FIG. 4 



BNSDOCID: <EP . 1349427A2 I > 



15 



EP 1 349 427 A2 



12 



10 



AUDIO 
SIGNAL 
SOURCE 



AUDIO 
SIGNAL 
PROCESSING 
CIRCUITRY 



24 



7C 



14-1 
14-2 

14-3 
H4-4 



14-n 



62 



18 



EQ 

CALCULATION 
CIRCUITRY 



26 



\ 



MICRO- 
PROCESSOR 



MEMORY 



16. 



ACOUSTIC 
MEASURING 
CIRCUITRY 



—19 



FIG. 5 



BNSDOCID: <EP 1349427A2 I > 



16 



t 



(19) 




Europaisches Patentamt 
European Patent Office 
Office europeen des brevets 



(12) 



(88) Date of publication A3: 

22.09.2004 Bulletin 2004/39 



i 'ii " 

(H) EP1 349 427 A3 

EUROPEAN PATENT APPLICATION 

(51) mt ci 7; H04S 7/00, H03G 5/16 



(43) Date of publication A2: 

01.10.2003 Bulletin 2003/40 

(21) Application number: 03100666.1 

(22) Date of filing: 17.03.2003 



(84) Designated Contracting States: 


• Martin, Keith D. 


AT BE BG CH CY CZ DE DK EE ES Ft FR GB GR 


01747, Hopedale(US) 


HU IE IT Lf LU MC NL PT RO SE SI SK TR 


• Saffran, Richard E. 


Designated Extension States: 


01772, Southborough (US) 


AL LT LV MK 


• Kulkarnl, Abhljit 




02458, Newton (US) 


(30) Priority: 25.03.2002 US 105206 


• Arnold, Finn 




01590, Sutton (US) 


(71) Applicant: BOSE CORPORATION 




Framingham, Massachusetts 01701-9168 (US) 


(74) Representative: Brunner, Michael John et al 




GILL JENNINGS & EVERY, 


(72) Inventors: 


Broadgate House, 


• Rabinowitz, William M. 


7 Eldon Street 


01730, Bedford (US) 


London EC2M 7LH (GB) 


• Lehnert, Hilmar 


01702, Framingham (US) 





CO 

< 

CM 

o> 

CO 



Q- 

LU 



(54) Automatic audio equalising system 

(57) An automated process for equalizing an audio 
system and an apparatus for implementing the process. 
An audio system includes a microphone unit, for receiv- 
ing the sound waves radiated from a plurality of speak- 
ers, acoustic measuring circuitry, for providing frequen- 
cy response measurement signals; a memory, for stor- 
ing characteristic data signals representative of the 
loudspeaker units and further for storing the frequency 
response measurement signals: and equalization calcu- 
lation circuitry, for providing an equalization pattern sig- 
nal responsive to the frequency response measurement 
signals and responsive to the characteristic data signals 
representative of the plurality of loudspeaker units. Also 
described is an automated equalizing system including 
acoustic measuring circuitry including a microphone for 
providing frequency signals representative of respons- 
es at a plurality of locations; a memory, for storing the 
signals representative of frequency responses at the 
plurality of locations; and equalization calculation cir- 
cuitry responsive to the signals representative of the fre- 
quency responses for providing an equalization pattern 
signal. 



\2 

SJ 



AUDIO 
SIGNAL 
SOURCE 



AUDIO 
SIGNAL 
PROCESSING 
CIRCUITRY 

24, 



7C 



{(f-14-3 
TjJ-14-4 

-14^ 



EQ 

CALCULATION 
CIRCUITRY 



MICRO- 
PROCESSOR 



REMOTE 
CEVICE 



ACOUSTIC 
MEASURING 
CIRCUITRY 



FIG. 1 



Printed by Jou/e, 7500' PARIS (FR) 



BNSDOC!D:<EP 1349427A3 I > 



EP 1 349 427 A3 



European Patent 
Office 



EUROPEAN SEARCH REPORT 



Application Number 

EP 03 10 0666 



DOCUMENTS CONSIDERED TO BE RELEVANT 



Category 



Citation of document with indication, where appropriate, 
of relevant passages 



Relevant 
to cf aim 



CLASSIFICATION OF THE 
APPLICATION (lrtl.C1.7} 



EP 1 017 166 A (YAMAHA CORP) 
5 July 2000 (2000-07-05) 



* abstract * 

* paragraph 

* paragraph 

* paragraph 

* paragraph 
figures 1-6 



0001' 


- paragraph 


r 0065' 


* 


: 007O" 


- paragraph 


r0086 


* 


0112' 


- paragraph 


: 0123' 




0132' 


- paragraph 


: 0138" 





EP 0 898 364 A (B & W LOUDSPEAKERS) 
24 February 1999 (1999-02-24) 



paragraph 
paragraph 
paragraph 
paragraph 
paragraph 



0001 

0019 
0185 
0197 

0232 



- paragraph [0017] * 

- paragraph [0068] * 

- paragraph [0186] * 

- paragraph [0215] * 

; figures 1-9, 27a, 27b * 



The present search report has been drawn up for all claims 



1-5,7,8, 
10-12, 
15,16, 
18-21, 

25, 

27-31, 
33,44 



9,13,14, 
22,23, 
32,38, 
40-42,49 

1,2.4-8, 
10-12, 
16-21. 
24-27 



9,13,14 
22,23,49 



HO4S7/O0 
H03G5/16 



TECHNICAL FIELDS 
SEARCHED (toLCI.7) 



H04R 

H04S 
H03G 



P"ooe o* cearcn 

Munich 



CsJe o'. compietic ci the search 

29 July 2004 



Examiner 

Peirs, K 



CATEGORY OF CITED DOCUMENTS 

X : particularly relevant if taken atone 

Y . particularly relevant if combined with another 

document of the tame category 
A : techno logical background 
O : non-written disclosure 
P : intermediate document 



T : theory orprincpte underlying the invention 
E : earlier patent document, butputofshed on, or 

after the filing date 
D : document cited in the application 
t : document cited for other reasons 



& : member of the some patent 'amity, corresponding 
document 



BNSDOCIO: <EP 1349427 A3 I > 



i 



EP 1 349 427 A3 



European Patent 
Office 



EUROPEAN SEARCH REPORT 



Application Number 

EP G3 10 0666 



DOCUMENTS CONSIDERED TO BE RELEVANT 



Category 



Citation of document with indication, where appropriate, 
ot relevant passages 



Relevant 
to claim 



CLASSIFICATION OF THE 
APPLICATION (lnl.CI.7) 



WO 01/39370 A (SYFX) 
31 May 2001 (2001-05-31) 

* page 1, paragraph 1 - page 5, paragraph 
3 * 

* page 12, paragraph 3 - page 18, 
paragraph 2 * 

* page 33, paragraph 3 - page 35, 
paragraph 3 * 

* page 40, paragraph 4 - page 42, 
paragraph 3 * 

* page 102, paragraph 2; figures 
1-8,50,70-73 * 



45-48 



US 4 553 257 A (MORI SHU1CH1 ET AL) 
12 November 1985 (1985-11-12) 

* abstract * 

* column 1, line 5 - column 2, line 34; 
figures 1,2 * 



14,22, 
23,32,42 

38,40-42 



W0 01/67814 A (BAR ON AMIR ; BE4 LTD (IL); 
COHEN YUVAL (IL); NAVEH GI0RA (IL)) 
13 September 2001 (2001-09-13) 

* page 1, paragraph 1 - page 4, paragraph 
4 * 

* page 6, paragraph 1 - page 9, paragraph 
1; figures 8-13 * 



TECHNICAL FIELDS 
SEARCHED (InLCLT) 



US 4 823 391 A (SCHWARTZ DAVID M) 
18 April 1989 (1989-04-18) 

* abstract * 

* column 1, line 5 - column 6, line 31 * 

* column 7, line 24 - line 53; figures 1-4 



13 



The present search report has been drawn up for all claims 



Munich 



Date al eampwtton G* th* i*arch 

29 July 2004 



Exsmner 

Peirs, K 



CATEGORY OF CITED DOCUMENTS 

X tporticuta-ty relevant rf token alone 

Y .particulaly relevant if combined with another 

document of trie tame category 
A : technological background 
O : non-written dsclcaure 
P . intermediate document 



T : theory or principle underlying the invention 
E : earlier patent document, but published on, or 

after the filing dote 
D : document cited in the application 
L : document sited for other reason a 

& : member o* the same patent famify, correepondng 
document 



3 



BNSDCCID. <EP 1349427A3 I > 



EP 1 349 427 A3 



ANNEX TO THE EUROPEAN SEARCH REPORT 
ON EUROPEAN PATENT APPLICATION NO. 



EP 03 10 0666 



This annex Ii3t3 the patent family members relating to the patent documents cited in the above-mentioned European search report. 
The members are as contained in the European Patent Oflice EDP file on 

The European Patent Office is in no way liable for these particulars which ate merely g.ven for the purpose of information. 

29-07-2004 



Patent document 


Publication 




Patent family 




Publication 


cited m search report 


date 




members) 




date 


EP 1017166 A 


05-07-2000 


JP 


2870359 


B2 


17-03-1999 




JP 


6327089 


A 


25-11-1994 




JP 


2723001 


B2 


AA A "I < rtAO 

09-03-1998 




JP 


7038985 


A 


ah a a <» a/\I" 

07-02-1995 




JP 


3147618 


B2 


1 t\ /*\ *% rt/\A 1 

19-03-2001 




JP 


7095684 


A 


A -7 A if a /% A f" 

07-04-1995 




JP 


2778418 


B2 


23-07-1998 




JP 


7046687 


A 


14-02-1995 




JP 


2748826 


B2 


13-05-1998 




JP 


7038988 


A 


07-02-1995 




JP 


3191512 


B2 


23-07-2001 




JP 


7038987 


A 


07-02-1995 




EP 


1017166 


A2 


05-07-2000 




EP 


1017167 


A2 


05-07-2000 




DE 


69433073 


Dl 


02-10-2003 




DE 


69433073 


12 


26-02-2004 




DE 


69433540 


Dl 


11-03-2004 




EP 


0624947 


A2 


17-11-1994 




US 


5572443 


A 


05-11-1996 


EP 0898364 A 


24-02-1999 


EP 


0898364 


A2 


24-02-1999 




CA 


2098190 


Al 


H-06-1992 




DE 


69132085 


Dl 


AVI AT AAA A 

04-05-2000 




DE 


^ f\ ■% ^ a a A v 

69132085 


T2 


Al lO A A A A 

21-12-2000 




DE 


69819090 


Dl 


A "» t 4 AAA** 

27-11-2003 




DE 


69819090 


T2 


A f\C A A A VI 

03-06-2004 




EP 


0561881 


Al 


29-09-1993 




WW 


?L 1KJO/ D 


Al 


25-06-1992 




HK 


1000722 


Al 


16-06-2000 




US 


5511129 


A 


23-04-1996 




US 


5627899 


A 


06-05-1997 




us 


5815580 


A 


29-09-1998 


W0 0139370 A 


31-05-2001 


AU 


2725201 


A 


04-06-2001 




EP 


1254513 


A2 


06-11-2002 




WO 


0139370 


A2 


31-05-2001 




us 


2003055635 


Al 


20-03-2003 




US 


2002103619 


Al 


01-08-2002 




US 


2003098805 


Al 


29-05-2003 




us 


2003112088 


Al 


19-06-2003 




us 


2002172378 


Al 


21-11-2002 




us 


2002051546 


Al 


02-05-2002 




us 


2002172374 


Al 


21-11-2002 




us 


2002085725 


Al 


04-07-2002 




us 


2002172376 


Al 


21-11-2002 




us 


2003035549 


Al 


20-02-2003 



1 For more details abOJt this annex : see Official Journal of the European Patent Office, No. 1 2/82 



BNSOOCID: <EP 1349427 A3 I > 



EP 1 349 427 A3 



ANNEX TO THE EUROPEAN SEARCH REPORT 
ON EUROPEAN PATENT APPLICATION NO. 



EP G3 10 0666 



This annex liste the patent family members relating to the patent documents cited in the above-mentioned European search report. 
The members are as contained in the European Patent Office EDP file on 

The European Patent Office is in no way liable tcr these particulars which are merely given tortne purpose of tntormatton. 

29-07-2004 



Patent document 
cited in search report 


Publication 
date 


Patent family 
momber(s) 


Publication 
date 


US 4553257 


A 


12-11-1985 


JP 


1771887 C 


14-07-1993 








JP 


4061525 B 


01-10-1992 








JP 


58188914 A 


04-11-1983 








JP 


1753337 C 


23-04-1993 








JP 


4047486 6 


04-08-1992 








JP 


58206215 A 


01-12-1983 








DE 


3315150 Al 


10-11-1983 








G6 


2123230 A ,B 


25-01-1984 


W0 0167814 


A 


13-09-2001 


IL 


134979 A 


19-02-2004 








AU 


3951601 A 


17-09-2001 








CA 


2401986 Al 


13-09-2001 








CN 


1440629 T 


03-09-2003 








EP 


1266541 A2 


18-12-2002 








WO 


0167814 A2 


13-09-2001 








JP 


2003526300 T 


02-09-2003 








US 


2003031333 Al 


13-02-2003 


US 4823391 


A 


18-04-1989 


NONE 







I For more details about this annex : see Official Journal of the European Patent Office, No. 1 2/82 



BNSDOCID: <EP 1349427 A3 I > 



